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Stati onary spectral power dependent audio enhancement system 



The present invention relates to an audio enhancement system, comprising a 
signal input for carrying a distorted desired signal, a reference signal input, and a spectral 
processor coupled to both signal inputs for processing the distorted desired signal by means 
of a reference signal acting as an estimate for the distortion of the desired signal, and relates 
5 to signals suited for use therein. 

The present invention also relates to a system, in particular a communication 
system, for example a hands-free communication device, such as a mobile telephone, a 
speech recognition system or a voice controlled system, which system is provided with such 
an audio enhancement system, and relates to a method for enhancing a distorted desired 
10 signal, which signal is spectrally processed by means of a reference signal acting as an 
estimate for the distortion of the desired signal. 

Such an audio enhancement system embodied by an arrangement for 
suppressing an interfering component, such as distorting noise is known from WO 97/45995. 
The known system comprises a number of microphones coupled to audio signal inputs. The 
1 5 microphones comprise a primary microphone for a distorted desired signal and one or more 
reference microphones for receiving the interfering signal. The system also comprises a 
spectral processor embodied by a signal processing arrangement coupled to the microphones 
through the audio signal inputs. In the signal processing arrangement the interfering signal is 
spectrally subtracted from the distorted signal to reveal at its output an output signal, which 
20 comprises a reduced interfering noise component. 

It is a disadvantage of the known audio enhancement system that its 
interference signal cancelling capabilities depend on the application of a speech detector to 
be coupled to the speech processing arrangement. The operation of the known audio 
enhancement system critically depends on the proper detection of speech by such a speech 
25 detector. 
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Therefore it is an object of the present invention to provide an improved audio 
enhancement system and associated method not complicated by the presence and critical 

operation of a speech detector. 

Thereto the audio enhancement system according to the invention is 
characterized in that the spectral processor is equipped for said processing such that a factor 
C is determined whereby said estimate is a function of C* times the spectral power of the 
reference signal, and the factor C is determined as the spectral ratio between those 
components of the signals z and x, which are essentially stationary with time. 

Similarly the method according to the invention is characterized in that the 
said estimate is a function of a factor C times the spectral power of the reference signal, and 
that C is determined as the spectral ratio between those components of the signals z and x, 
which are essentially stationary with time. 

The inventor found that the factor C as defined is essentially insensitive to the 
desired signal. The factor C* only accounts for the ratio of the stationary components in the 
signals z and x. With this notion of the factor C a reliable estimate can be provided for the 
distortion of the distorted desired signal which is actually input to the audio enhancement 
system, without the necessity to make use of a speech detector. This in turn results in 
improved and less critical distortion cancelling properties of the thus simplified audio 
enhancement system according to the invention. The improved distortion cancellation, 
especially holds in cases where the one or more reference signals comprise distortions such 
as e.g. noise, echoes, competing speech, reverberation of desired speech and the like. In 
addition the frequency dependent estimate for the distortion can be computed in any scenario 
where some reference signal(s) is(are) available. 

Further advantages are that no explicit estimation of individual distortion 
components, such as noise floor or echo tail is necessary, while a combination technique with 
these components can be achieved easily, if required. This is particularly advantageous in 
cases of distortion for which no good estimation techniques exist, such as for microphone 
beam forming applications. 

An embodiment of the audio enhancement system according to the invention 

has the characterizing features outlined in claim 2. 

Usually both spectral powers normally having the form of averaged spectral 
powers are measured covering a certain number of time frames. Over a time span minima of 
both spectral powers are determined without substantial burden as to the computational 
complexity of the audio enhancement system according to the invention. 
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In a further embodiment of the audio enhancement system according to the 
invention the time span contains at least one pause in the distorted desired signal. This results 
in a well detennined minimum and stationary spectral component value of the distorted 
desired input signal, which minimum accurately represents the stationary distortion in the 
5 input signal. 

Preferably the time span lasts at least 4 to 5 seconds in order to normally 
included a speech pause in the distorted desired signal input to the audio enhancement 
system. 

A still further embodiment of the audio enhancement system has the 
10 characterizing features outlined in claim 5. 

In general the estimate of the distortion of the desired signal may be expressed 
advantageously by some positive function, for example in terms of signal power or signal 
energy, which in turn are defined by one of the above spectral units. 

A practically preferred embodiment has the characterizing features of claim 6. 
1 5 In that case the audio enhancement system comprises cost effective and easily 

to implement shift registers for storing values of the spectral powers and/or smoothed 
spectral powers. 

At present the audio enhancement system and method according to the 
invention will be elucidated further together with their additional advantages, while reference 
20 is being made to the appended drawing, wherein similar components are being referred to by 
means of the same reference numerals. 



In the drawing: 

25 Fig. 1 shows a basic diagram of the audio enhancement system according to 

the invention; 

Fig. 2 shows the basic diagram implemented in a further embodiment of the 
audio enhancement system according to the invention having a filter and sum beamformer; 
and 

30 Fig. 3 shows a detailed embodiment of an audio enhancement system 

according to the invention. 
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Fig. 1 shows a basic diagram of an audio enhancement system 1, embodied by 
a spectral processor SP, wherein frequency domain input signals z and x, and output signal q 
are shown. These frequency domain signals are block-wise spectrally computed in the 
processor SP by means of a Discrete Fourier Transform, for example a Short Time DFT, 
shortly referred to as STFT. This STFT is a function of both time and frequency, which may 
be expressed by the arguments kB and lw 0 or occasionally by the argument w k only. Herein k 
denotes the discrete time frame index, B denotes the frame shift, 1 denotes the (discrete) 
frequency index, w 0 denotes the elementary frequency spacing, and w k refers to the spectral 
component of index k. The input signal z indicates a distorted desired signal. It comprises the 
sum of the desired signal, generally in the form of speech, and distortions, such as noise, 
echoes, competing speech or reverberation of the desired signal. The signal x indicates a 
reference signal from which an estimate of the distortion in the distorted desired signal z is to 
be derived. The signals z and x may originate from one or more microphones 2, as shown in 
Figs. 1 and 2. In a multi-microphone audio enhancement system 1 there are two or more 
separate microphones 2, to derive the reference signal from one or more microphones. 

The audio enhancement system 1 may comprise adaptive filter means (not 
shown) for deriving the reference signal x therefrom. In that case the reference signal 
originates from the far end of a communication system. 

In the embodiment of fig. 1 the signal x only includes the reference or noise 
signal, whereas the signal z includes both the desired signal and the noise signal. Fig. 2 
shows an embodiment of the audio enhancement system 1 for the case wherein the 
microphones 2 both sense speech and noise through microphone array signals ui and U2- A 
filter and sum beamformer 3 is now coupled between the microphones 2 and the spectral 
processor SP. Again the spectral processor SP receives the above described signals z and x, 
with the signal x only comprising the reference or noise, and the signal z comprising both the 
desired and noise signal. The design of such a beamformer 3 is such that through respective 
transfer functions f t (w) and f 2 (w) the distorted desired signal z is obtained by a linear 
combination of the microphone array signals ui and u 2 respectively. The reference signal x is 
derived by a blocking matrix B(w) from the respective microphone array signals for 
projecting these signals into a subspace that is orthogonal to the desired signal. Ideally, 
output signal x of the matrix B(w) does not contain the desired speech but only distortions. 
Next the signals z and x are fed to the spectral processor SP for spectrally processing the 
distorted desired signal z by means of the reference signal x. The signal q from the processor 
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SP is an output signal which is virtually free of distortion. It holds that q = Gxz, where G is 
a gain function which will be explained hereafter. 

The audio enhancement system 1 may be included in a system, in particular a 
communication system, for example a hands-free communication device, such as a mobile 
telephone, a speech recognition system or a voice controlled system. 

The operation of the spectral processor SP is such that it acts as a controllable 
gain function for the subsequent frequency bins generated by the Discrete Fourier Transform 
(DFT) explained above. This gain function is applied to the distorted desired speech signal z, 
while the phase of the signal z is kept unchanged. For a good performance of the audio 
enhancement the type of gain function, that is in particular the estimate of the distortion 
which is present in the input signal is important. Depending on the optimization criterion 
dealt with various gain functions can however be used. Examples include spectral 
subtraction, Wiener filtering or for example Minimum Mean-Square Error (MMSE) 
estimation or log-MMSE estimation based on the spectral amplitude or magnitude, the 
squared spectral magnitude, the power spectral density or the Mel-scale smoothed spectral 
density of the signals involved. These techniques may be combined with the applications 
explained above for audio enhancement systems 1 having one or more microphones and/or 
loudspeakers. 

In the case of for example a Wiener Filter type to be explained hereafter, the 
gain function implemented in the spectral processor SP has the form: 

G(kB,lw 0 ) = 1-7 Pzz,n(kB,lw 0 )/Pz2(kB,lw 0 ) (1) 
where P^CkB^wo) and Pzz(kB,lw 0 ) are estimates for the power distribution of the distortion 
in the input signal z and the power distribution of the input signal z itself, y denotes the so 
called over subtraction factor serving to adjust the amount of suppression applied to the 
distortion. This way a trade-off can be made between the amount of distortion suppression 
and the perceptual quality of the output signal of the processor. 

In equation (1) Pzz,n(kB,lw 0 ) is generally not known and therefore has to be 
estimated. An estimate I> is proposed therefor, reading: 

I>z2,n(kB,lw 0 ) = C(kB,lw 0 ) * Pxx(kB,lw 0 ) (2) 
where the ratio term: 

C(kB,lw 0 ) = P z2 (kB,lw 0 )/Pxx(kB,lw 0 } . (3) 
Herein is P^kBJwo) the time averaged spectral power of the distortion of the distorted 
desired signal z -measured during absence of the desired signal, such as speech- and 
Pxx(kB,lwo) is the time averaged spectral power of the reference signal x. As a positive 
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measure for the spectral power for example the spectral amplitude or magnitude, the squared 
spectral magnitude, the power spectral density or the Mel-scale smoothed spectral density of 
the signals involved could be taken. Implementation of equation (3) in the processor SP 
requires a speech detector. If such a speech detector does not perform accurately the desired 
speech may be affected, which leads to audible artifacts and must be prevented. However 
reliable speech detection in noisy conditions, such as in a car or factory is a difficult to 
perform task. 

Generally by proposing a new factor C as estimate for the factor C, which 
new factor is virtually insensitive to the desired speech, which is practically done by focusing 
on the stationary parts of the ratio of equation (3), a robust algorithm is created, without 
requiring a speech detector. In a practical implementation of this idea the factor C is defined 
by the ratio of the minimu m of the spectral power of the distorted desired signal (z) and the 
minimum of the spectral power of the reference signal (x), whereby both minima are 
determined during a time span. Represented in a formula it holds that: 

C'(w k ;l)=min me[ i. u ..i] ?zz(w k ;m)/min me n-L,..i] Pxx(w k ;m). (4) 

The time span between 1-L and 1 time frames covers such a number L of time 
frames that it contains at least one pause present in the distorted desired signal. Generally this 
is a speech pause, if the desired signal is a speech signal. The minima so determined 
concentrates the ratio of equation (4), on the stationary components of the signals z and x 
respectively, which minima represent the stationary components of the distortion or noise. 
Normally the time span lasts at least 4 to 5 seconds. The factor C* given by equation (4) is 
determined based on the stationary components of the signals z and x. It is supposed to hold 
also in cases where non stationary components, such as speech is present in these signals and 
the operation performed by the spectral processor SP is based on that assumption. 

The spectra in the numerator and denominator of the factor C in equation (4) 
are obtained by smoothing the power spectra in first order recursions implemented in blocks 
LPF1 and LPF2 respectively both having smoothing constants 0. The recursion 
implementation in these blocks comprises multipliers X, adders +, and delay lines z" 1 , 
coupled as shown to obtain smoothed power spectral density versions of the input x and z 
signals. For example the z signal spectrum then obeys the smoothing rule: 

Pzz(w k ;l) = jS Pzz(w k ;l) + (l-ftP^WkU-l) 
Where the smoothing constant jS assumes a value between zero and one. The same rule may 
apply for the x signal spectrum. The value of j3 may be controlled in any desired way. Its 
value typically corresponds to a time constant of 50-200 milliseconds. Every time frame 
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index m, each of these smoothed quantities is stored in a buffer, here in the form of shift 
registers SRI and SR2 respectively. Out of the L smoothed values stored in each of the 
register positions the respective minimum values are fed to a divisor D to reveal the 
calculated value of C in accordance with equation (4). Of course proper measures are taken 
to prevent division by a small value in the denominator. 

When the average level of the desired speech signal is too high relative to the 
average level of the distortion, the problem may arise that the averages output by LPF1 and 
LPF2 are being dominated by the desired speech. This is due to the fact that it may take a 
long time for these averages to return to the low distortion level after occurrence of a high 
speech level. When this is the case the estimate of C may still be influenced by the desired 
speech, leading to unwanted suppression of the desired speech signal. This effect is reduced 
by applying a multivariate compression function fc in the recursions for example in 
accordance with: 

Psz(w k ;l) = jSP^Wkjl-l) + (1-/3) fc{Pzz(w k ;l), Pzz(w k ;l-1)} 
The same rule may apply for the x signal. The compression function is chosen such that it 
reduces the update step of the recursion when the new input power value is relatively large 
with respect to values in the filters LPF1 and LPF2. Therefore the compression function 
reduces the influence of a high desired speech level on the averaged signal power. An 
example of a suited compression function is given by: 

fc(A, B) = min {A-B, 8B} 
where 8 is a positive constant. The smaller the value of 8, the slower a rise in the signal value 
is followed by the recursive filters LPF1 and LPF2. The embodiment including the 
compression block fc is depicted in Fig. 3. It may simply be omitted if no compression is 
needed. 

Whilst the above has been described with reference to essentially preferred 
embodiments and best possible modes it will be understood that these embodiments are by no 
means to be construed as limiting examples of the system embodiments and method 
concerned, because various modifications, features and combination of features falling within 
the scope of the appended claims are now within reach of the skilled person. 



